Overheads associated with MPEG-4 video compressed packets reduce bandwidth efficiency. Mobile operators may save a significant percentage of the required bandwidth using IP header compression technologies, and thereby reduce necessary investments. In this paper, a novel header compression scheme for MPEG-4 video packets is proposed and analysed. It is designed to complement existing IP header compression schemes. MPEG-4 video packet headers contribute a significant portion of video packet size, particularly when error resilience options are switched on. Redundancy present in consecutive packet headers permits efficient header compression. The results show significant improvement in video objective and subjective qualities.
Introduction
Third generation (3G) wireless networks have the potential to offer a wide range of Internet Protocol (IP) based multimedia applications such as digital video streaming services [1] . Video data is generated in the form of video packets, which are then carried using RTP (Real Time protocol), UDP (User Datagram Protocol), and IP. In order to compress these bulky overheads, RObust Header Compression (ROHC) was introduced. ROHC is an IETF (Internet Engineering Task Force) standard, RFC 3095 [2] and is an integral part of the 3GPP-UMTS specification [3] for compression of RTP/UDP/IP headers for multimedia services in wireless environments as shown in Figure 1 .
ROHC saves wireless bandwidth and improves voice and video quality [4, 5] . This paper focuses on header compression for MPEG-4 video packets. A novel methodology to compress these headers is proposed. The results show savings in the bandwidth, and significant improvement in objective and subjective video quality in error prone and error free environments. The following section gives a brief introduction to MPEG-4 coding and packetization. Section 3 describes the proposed headers compression scheme. In section 4, the experimental setup is explained and finally sections 5 and 6 describe the results and conclusion respectively.
MPEG-4
MPEG-4 is an open standard of the International Organization for Standardization (ISO) [6] . The 3rd Generation Partnership Project (3GPP) uses MPEG-4 simple visual profile for video streaming over 3G mobile networks. MPEG-4 provides audio and video compression, making it possible to transmit multimedia services over low bandwidth wireless links. The MPEG-4 encoder generates a hierarchical data stream. As shown in Figure 2 , a Video Object Plane (VOP) (or video frame) consists of a VOP header and several Video Packets (VP). MPEG-4 employs three different types of video object planes, namely, Intra-coded (I), Predictive-coded (P) and Bidirectionally predictive coded (B) VOPs. For error resilience, the encoder periodically inserts resynchronization markers in the encoded frame resulting in the formation of video packets [7] . The frequency of inserting resynchronization markers is flexible. In general, each video packet starts with a resynchronization marker. When an error is detected, the video decoder stops decoding and searches for the next error-free resynchronization marker. 
MPEG-4 Header Compression Scheme
MPEG-4 video packets are generated by combining a number of macroblocks. The previous work has shown that minimum possible packet size results in the best video quality and fast recovery from errors if overheads are compressed [8] . However, no method of header compression was provided.
In this section, detailed analysis of all video packet headers is carried out and a scheme to compress headers fields is proposed. Video packet header can be compressed because The first packet in each frame begins with a frame start code instead of the resynchronization marker. This is a 32-bit unique code which marks the start of a video object plane. Its occurrence pattern is calculated using the number of macroblocks in a VOP, which is 99 for QCIF resolution (176x144), for packetization of 1 MB per video packet which would provide greatest error resilience. Therefore, this field is not sent at all. The information about packet loss during transmission is available from lower layers enabling the decompressor to maintain synchronization with the compressor. For packetization schemes other than 1 MB per VP, the frame start code has to be sent to mark the 1st packet in the frame. 2-Macroblock number: Its length depends upon the resolution. This is a variable length code with length between 1 and 14 bits. For QCIF it is 7 bits long. If one macro block is encoded in one video packet, it is incremental in nature and therefore is not sent. However, for more than one macroblock per packet, this field is dynamic and is not compressed.
3-Quantization parameter:
This specifies the absolute value of quantization to be used for the video packet until updated by any subsequent quantization value. The length of this field is specified in the start of sequence. The default length is 5 bits. It is a dynamic field if the rate control type is TM5 [9] and is sent in full. For MP4 rate control, its value remains static throughout a frame. Its value can then be sent only in the first packet of each frame. Since it is an important parameter and the loss of the compressed value results in loss of all video packets within a frame, the values of QP for 3 consecutive frames are sent in each frame header. The information of (n-1)th frame and (n-2)th frame is sent at the end of the VOP header of nth frame as shown in Figure 3 . At the decompressor, the values of all three QP parameters are compared. The decompression is successful if any of two values are matched, otherwise the whole frame is discarded. However, this scheme results in a delay of two frames at the decompressor. 4-Header extension code: As the name implies, HEC is a single bit used to indicate whether additional information will be available in this header. If HEC is equal to one then the additional information such as time increment, coding type, threshold value etc. is available in this packet header. This field changes at the frame rate and usually the second packet in each frame contains additional frame header fields. Therefore, its changing pattern is known and this field is not sent at all.
5-Motion marker:
This is a 17-bit binary string and it is only present when the data partitioned flag is set to '1'. The motion marker is unique from the motion data and enables the decoder to determine when all the motion information has been received correctly. This is an important error resilience tool which is used in combination with the data partitioning and RVLC (reversible variable length code) texture data. Although the motion marker is static in value, its location in the packet is dynamic and depends on motion in the scene. Analysis of the length of motion data as mentioned in Appendix-I shows that motion marker can be stripped at the compressor by sending the length of motion data after the header. The motion data starts immediately after the last bit of the header information. At the decompressor the motion marker is inserted in the correct position using the motion length information. Furthermore, the motion length information is Huffman coded to achieve maximum compression efficiency. In order to analyse the effects of the proposed MPEG-4 header compression scheme on video quality, two video sequences, 'carphone' and 'foreman' are encoded using the Microsoft reference MPEG-4 software transmission to a UMTS mobile user is then simulated. The user bit rate is 64 kb/s. Only the first frame of the sequence is coded as an intraframe and all subsequent frames are coded as inter-frames. The first frame is always considered to be error free. AIR is implemented as recommended in the standard [7] . The other parameters are listed in Table 1 . The packet size here includes only the MPEG-4 payload header and not the RTP, UDP and IP headers, which will be required to form the IP datagram that will then be transmitted over the Internet and UMTS. Furthermore, it is assumed that the information about any loss of packet during transmission is available from lower layers (e.g. PDCP sequence number). The header compression is implemented in the RNC of the UMTS network. The wireless transmission of the packets is simulated using a downlink dedicated channel for a single user [10] . The tests were carried out using a spreading factor of 32 for a pedestrian mobile user at different channel conditions. The turbo code rate is set to 1/3 with no transmit time diversity. Each test was run 30 times. If there is an error in the video packet header or in the motion part of the packet, then the whole packet is discarded and blocks are copied from the previous frame.
Parameter
In this paper, PSNR measurement is used as the performance metric for video objective quality, and the compression efficiency is calculated to evaluate the potential savings in wireless bandwidth. If S c denotes the size of compressed packet header and S u denotes the size of uncompressed header, then the compression efficiency is calculated as:
Header compression improves the video quality at a given channel bandwidth. Reducing the packet overheads allows more bandwidth to be used for actual video data. The rate control mechanism increases the quality of the video to fill the bandwidth freed by header compression. Let OH be the total saving of overheads for a given number of frames f t , then the increase in motion and texture data due to header compression can be calculated as:
where f is the number of frames per second.
Results
A variety of video packet sizes have been tested with and without header compression for different channel conditions. All other parameters are kept constant for fair evaluation. The terminology 'cmp' means 'compressed headers' which is followed by the video packet size in bits, and 'uncmp' means 'header compression not performed'. Three different schemes with different types of rate control for 1 MB/VP are evaluated for header compression and results are shown in Figures 4 and 5. The legend 3xQP stands for the scheme in which MP4 rate control is used and the value of QP for 3 frames is sent at the start of the frame as described in section 3. Similarly 1xQP means the value of only the current frame's QP is sent. It is concluded from Figures 4 and 5 that the 3xQP scheme performs close to the ideal case. Therefore from now onwards only this scheme is analysed. Figure 6 shows the objective quality of the 'carphone' sequence for different video packet sizes with compressed headers and without compressing the headers, when transmitted over the UMTS simulated dedicated channel. The maximum achieved performance in bad channel conditions is with the smallest possible video packet size of 100 bits with header compression performed. As the video packet size increases, the video quality drops because larger packets carry the motion information of more macroblocks. A single bit error in the motion data of one MB may result in the loss of a whole video packet, hence larger packet sizes have poor quality in bad channel conditions. The error free performance of large video packets is better than small video packets due to less overheads contained in large video packets. The efficiency of the header compressor increases with the increase in overheads as stated in equation 2. It is worth mentioning the significant improvement of 5.1 dBs in bad channel conditions for the small video packets (1 MB per VP) with header compression, when compared to the traditional video packet size of approximately 750 bits without header compression. 1 MB per VP scheme with header compression has slightly better performance in error free environments as well, in comparison to video packet size of 750 bits without header compression, as shown in Figures 6 and 7 .
Ideal MP rate control xQP MP rate control xQP MP rate control TM rate control Table 2 : Measured average header bandwidth saving S hc (%) and enhanced motion and texture data rate MTR (bits/sec) due to video packet header compression for different packet sizes at all channel conditions.
An indication of the subjective quality of the selected frames from the carphone and foreman sequences with and without the header compression is shown in Figures 8 and 9 . The video quality at 64 kb/sec for the smallest VP size of 100 bits with header compression outperforms traditional used VP size of 750 bits without header compression.
The average saving in terms of bandwidth, S hc (%) is greater than 65% for all packet sizes of both the video sequences as shown in Table 2 . This saving in bandwidth allows the encoder to insert more motion and texture information MTR, thereby further increasing the video quality.
cmp -compressed uncmp -uncompressed Figure 6 : Effect of video packet header compression on objective quality. Carphone, QCIF, 125 frames, 10 fps, MP4 quantization, all error resilience options 'on', simple concealment, CIR=3, AIR=3, user bit rate=64 kb/s. UMTS DCH (Dedicated Channel), SF=32, pedestrian, 1/3 turbo code. 
Conclusion
In this paper a methodology to compress MPEG-4 video packet headers for streaming over mobile networks is proposed. The analysis of the video packet headers reveals the presence of significant redundancy in the fields of consecutive packet headers. A compressor has been designed to perform header compression in the PDCP layer of the UMTS air interface. The novel packetization scheme of 1 MB per VP, already proposed by the authors, in combination with the header compression scheme outperforms all other packet sizes in error prone environments. In addition to an improvement of 5 dBs in objective quality, there is a substantial saving in bandwidth of greater than 65%. Other advantages achieved are the fast recovery from errors and improved subjective quality. Future work will include design of detailed MPEG-4 header compression algorithm and a cross layer compression scheme by combining RTP/UDP/IP compression with the MPEG-4 video packet header.
4-DYNAMIC:
These fields vary randomly and their information should be updated with each change.
5-CONDITIONAL:
Conditional means that the class follows is classified with some constraints. For example, quantization scale is static with conditional that rate control used is TM5.
A-2 Classification of MPEG-4 Header fields
MPEG-4 header compression is possible because most header fields do not vary randomly from packet to packet. For efficient compression of all header fields, their change patterns must be analyzed. The detailed analysis of MPEG-4 headers is shown in Tables A1 and A2 . Most of the fields have static behaviour or change in a predictable way.
The motion and dc markers are static and predictable, but their position in the packet depends on the motion length. Figure A1 shows the probability of occurrence of a particular motion data length in a packet. The result has been taken by encoding 3 video sequences; carphone, foreman and, suzie with different packet sizes and parameter settings. This data is used to develop a Huffman coding scheme. 
